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MEASURING SPEECH INTELLIGIBILITY
OF AN AUDIO ENVIRONMENT

CROSS REFERENCE TO RELATED
APPLICATIONS

This application is a continuation of U.S. patent applica-
tion Ser. No. 18/309,461, filed on Apr. 28, 2023, which is a
continuation of U.S. patent application Ser. No. 17/521,103,
filed on Nov. 8, 2021, now U.S. Pat. No. 11,671,065, issued
on Jun. 6, 2023, which claims priority to U.S. Provisional
Application No. 63/139,807, filed Jan. 21, 2021, U.S. Pro-
visional Application No. 63/139,808, filed Jan. 21, 2021,
U.S. Provisional Application No. 63/139,810, filed Jan. 21,
2021, U.S. Provisional Application No. 63/139,811, filed
Jan. 21, 2021, U.S. Provisional Application No. 63/139,813,
filed Jan. 21, 2021, and U.S. Provisional Application No.
63/139,814, filed Jan. 21, 2021, the entire disclosures of
which are incorporated by reference herein.

TECHNICAL FIELD

This application generally relates to customized alterna-
tive automated tuning for a networked audio system.

BACKGROUND

In a workplace, conference area, public forum or other
environment, the audio producing speakers and the audio
capturing microphones may be arranged in a networked
configuration that covers multiple floors, areas and different
sized rooms. Tuning the audio at all or most locations has
presented a challenge to the manufacturers and design teams
of such large-scale audio systems. More advanced tuning
efforts, such as combining different test signal strategies and
independent speaker signals present further challenges to the
setup and configuration processes.

In one example, a test process may initiate a tone via one
speaker and a capturing process via one or more micro-
phones, however, the multitude of speakers may not be
accurately represented by testing a single speaker signal and
identifying the feedback of that speaker when other speakers
will be used during an announcement, presentation or other
auditory event.

In a typical audio system, such as a conference room,
there may be microphones, speakers, telephony integration,
input signal processing, output signal processing, acoustic
echo cancellation, noise reduction, non-linear processing
and mixing of audio signals. Because of the complexity of
the corresponding equipment, the installation process and
the software configurations, an expert team of persons are
required to setup and test and install all the audio equipment.

SUMMARY

One example embodiment may provide a method that
includes one or more of identifying a plurality of separate
speakers on a network controlled by a controller, providing
a first test signal to a first speaker and a second test signal
that includes a different frequency than the first test signal to
a second speaker, detecting the different test signals at one
or more microphones, automatically tuning the speaker
output parameters based on an analysis of the different test
signals.

Another example embodiment includes a process config-
ured to perform one or more of identifying, in a particular
room environment, a plurality of speakers and one or more
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microphones on a network controlled by a controller and
amplifier, providing test signals to play sequentially from
each amplifier channel of the amplifier and the plurality of
speakers, monitoring the test signals from the one or more
microphones simultaneously to detect operational speakers
and amplifier channels, providing additional test signals to
the plurality of speakers to determine tuning parameters,
detecting the additional test signals at the one or more
microphones controlled by the controller, and automatically
establishing a background noise level and noise spectrum of
the room environment based on the detected additional test
signals.

Another example embodiment may include an apparatus
that includes a processor configured to perform one or more
of identify, in a particular room environment, a plurality of
speakers and one or more microphones on a network con-
trolled by a controller and amplifier, provide test signals to
play sequentially from each amplifier channel of the ampli-
fier and the plurality of speakers, monitor the test signals
from the one or more microphones simultaneously to detect
operational speakers and amplifier channels, provide addi-
tional test signals to the plurality of speakers to determine
tuning parameters, detect the additional test signals at the
one or more microphones controlled by the controller, and
automatically establish a background noise level and noise
spectrum of the room environment based on the detected
additional test signals.

Yet another example embodiment may include a non-
transitory computer readable storage medium configured to
store instructions that when executed cause a processor to
perform one or more of identifying, in a particular room
environment, a plurality of speakers and one or more micro-
phones on a network controlled by a controller and amplifier,
providing test signals to play sequentially from each ampli-
fier channel of the amplifier and the plurality of speakers,
monitoring the test signals from the one or more micro-
phones simultaneously to detect operational speakers and
amplifier channels, providing additional test signals to the
plurality of speakers to determine tuning parameters, detect-
ing the additional test signals at the one or more micro-
phones controlled by the controller, and automatically estab-
lishing a background noise level and noise spectrum of the
room environment based on the detected additional test
signals.

Still yet another example embodiment may include a
method that includes one or more of identifying a plurality
of speakers and microphones connected to a network con-
trolled by a controller, assigning a preliminary output gain to
the plurality of speakers used to apply test signals, measur-
ing ambient noise detected from the microphones, recording
chirp responses from all microphones simultaneously based
on the test signals, deconvolving all chirp responses to
determine a corresponding number of impulse responses,
and measuring average sound pressure levels (SPLs) of each
of the microphones to obtain a SPL level based on an
average of the SPLs.

Still yet another example embodiment includes an appa-
ratus that includes a processor configured to identify a
plurality of speakers and microphones connected to a net-
work controlled by a controller, assign a preliminary output
gain to the plurality of speakers used to apply test signals,
measure ambient noise detected from the microphones
record chirp responses from all microphones simultaneously
based on the test signals, deconvolve all chirp responses to
determine a corresponding number of impulse responses,
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and measure average sound pressure levels (SPLs) of each
of the microphones to obtain a SPL level based on an
average of the SPLs.

Still yet another example embodiment includes a non-
transitory computer readable storage medium configured to
store instructions that when executed cause a processor to
perform one or more of identifying a plurality of speakers
and microphones connected to a network controlled by a
controller, assigning a preliminary output gain to the plu-
rality of speakers used to apply test signals, measuring
ambient noise detected from the microphones, recording
chirp responses from all microphones simultaneously based
on the test signals, deconvolving all chirp responses to
determine a corresponding number of impulse responses,
and measuring average sound pressure levels (SPLs) of each
of the microphones to obtain a SPL level based on an
average of the SPLs.

Still yet another example embodiment may include a
method that includes one or more of determining a fre-
quency response to a measured chirp signal detected from
one or more speakers, determining an average value of the
frequency response based on a high limit value and a low
limit value, subtracting a measured response from a target
response, wherein the target response is based on one or
more filter frequencies, determining a frequency limited
target filter with audible parameters based on the subtrac-
tion, and applying an infinite impulse response (IIR) biquad
filter based on an area defined by the frequency limited
target filter to equalize the frequency response of the one or
more speakers.

Still yet another example embodiment includes an appa-
ratus that includes a processor configured to determine a
frequency response to a measured chirp signal detected from
one or more speakers, determine an average value of the
frequency response based on a high limit value and a low
limit value, subtract a measured response from a target
response, wherein the target response is based on one or
more filter frequencies, determine a frequency limited target
filter with audible parameters based on the subtraction, and
apply an infinite impulse response (IIR) biquad filter based
on an area defined by the frequency limited target filter to
equalize the frequency response of the one or more speakers.

Still yet another example embodiment includes a non-
transitory computer readable storage medium configured to
store instructions that when executed cause a processor to
perform one or more of determining a frequency response to
a measured chirp signal detected from one or more speakers,
determining an average value of the frequency response
based on a high limit value and a low limit value, subtracting
a measured response from a target response, wherein the
target response is based on one or more filter frequencies,
determining a frequency limited target filter with audible
parameters based on the subtraction, and applying an infinite
impulse response (IIR) biquad filter based on an area defined
by the frequency limited target filter to equalize the fre-
quency response of the one or more speakers.

Still yet another example embodiment includes a method
that includes one or more of applying a set of initial power
and gain parameters for a speaker, playing a stimulus signal
via the speaker, determining a sound level at a microphone
location and a sound level at a predefined distance from the
speakers, determining a gain at the microphone location
based on a difference of the sound level at the microphone
location and the sound level at the predefined distance from
the speaker, and applying the gain to the speaker output.

Still yet another example embodiment includes an appa-
ratus that includes a processor configured to apply a set of
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initial power and gain parameters for a speaker, play a
stimulus signal via the speaker, determine a sound level at a
microphone location and a sound level at a predefined
distance from the speakers, determine a gain at the micro-
phone location based on a difference of the sound level at the
microphone location and the sound level at the predefined
distance from the speaker, and apply the gain to the speaker
output.

Still yet another example embodiment includes a non-
transitory computer readable storage medium configured to
store instructions that when executed cause a processor to
perform applying a set of initial power and gain parameters
for a speaker, playing a stimulus signal via the speaker,
determining a sound level at a microphone location and a
sound level at a predefined distance from the speakers,
determining a gain at the microphone location based on a
difference of the sound level at the microphone location and
the sound level at the predefined distance from the speaker,
and applying the gain to the speaker output.

Still yet another example embodiment includes a method
that includes one or more of initiating an automated tuning
procedure, detecting via one or more microphones a sound
measurement associated with an output of a one or more
speakers at two or more locations, determining a number of
speech transmission index (STI) values equal to a number of
microphones, and averaging the speech transmission index
values to identify a single speech transmission index value.

Still yet another example embodiment includes an appa-
ratus that includes a processor configured to initiate an
automated tuning procedure, detect via one or more micro-
phones a sound measurement associated with an output of a
one or more speakers at two or more locations, determine a
number of speech transmission index (STI) values equal to
a number of microphones, and average the speech transmis-
sion index values to identify a single speech transmission
index value.

Still yet another example embodiment includes a non-
transitory computer readable storage medium configured to
store instructions that when executed cause a processor to
perform one or more of initiating an automated tuning
procedure, detecting via one or more microphones a sound
measurement associated with an output of a one or more
speakers at two or more locations, determining a number of
speech transmission index (STI) values equal to a number of
microphones, and averaging the speech transmission index
values to identify a single speech transmission index value.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates a controlled speaker and microphone
environment according to example embodiments.

FIG. 2 illustrates a process for performing an automatic
tuning procedure in the controlled speaker and microphone
environment according to example embodiments.

FIG. 3 illustrates a process for performing an automated
equalization process in the controlled speaker and micro-
phone environment according to example embodiments.

FIG. 4 illustrates an audio configuration used to identify
a level of gain in the controlled speaker and microphone
environment according to example embodiments.

FIG. 5 illustrates an audio configuration used to identify
a sound pressure level (SPL) in a controlled speaker and
microphone environment according to example embodi-
ments.

FIG. 6A illustrates a flow diagram of an auto-tune pro-
cedure in the controlled speaker and microphone environ-
ment according to example embodiments.
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FIG. 6B illustrates a flow diagram of another auto-tune
procedure in the controlled speaker and microphone envi-
ronment according to example embodiments.

FIG. 7 illustrates another flow diagram of an auto-con-
figuration procedure in the controlled speaker and micro-
phone environment according to example embodiments.

FIG. 8 illustrates a flow diagram of an auto-equalization
procedure in the controlled speaker and microphone envi-
ronment according to example embodiments.

FIG. 9 illustrates a flow diagram of an automated gain
identification procedure in the controlled speaker and micro-
phone environment according to example embodiments.

FIG. 10 illustrates a flow diagram of an automated speech
intelligibility determination procedure in the controlled
speaker and microphone environment according to example
embodiments.

FIG. 11 illustrates a system configuration for storing and
executing the automatic tuning procedure.

DETAILED DESCRIPTION

It will be readily understood that the instant components,
as generally described and illustrated in the figures herein,
may be arranged and designed in a wide variety of different
configurations. Thus, the following detailed description of
the embodiments of at least one of a method, apparatus,
non-transitory computer readable medium and system, as
represented in the attached figures, is not intended to limit
the scope of the application as claimed, but is merely
representative of selected embodiments.

The instant features, structures, or characteristics as
described throughout this specification may be combined in
any suitable manner in one or more embodiments. For
example, the usage of the phrases “example embodiments”,
“some embodiments”, or other similar language, throughout
this specification refers to the fact that a particular feature,
structure, or characteristic described in connection with the
embodiment may be included in at least one embodiment.
Thus, appearances of the phrases “example embodiments”,
“in some embodiments”, “in other embodiments”, or other
similar language, throughout this specification do not nec-
essarily all refer to the same group of embodiments, and the
described features, structures, or characteristics may be
combined in any suitable manner in one or more embodi-
ments.

In addition, while the term “message” may have been
used in the description of embodiments, the application may
be applied to many types of network data, such as, packet,
frame, datagram, etc. The term “message” also includes
packet, frame, datagram, and any equivalents thereof. Fur-
thermore, while certain types of messages and signaling may
be depicted in exemplary embodiments they are not limited
to a certain type of message, and the application is not
limited to a certain type of signaling.

Alaunch process for establishing an automated tuning and
configuration setup for the audio system may include a
sequence of operations. In the auto-configuration phase,
system firmware may use Ethernet based networking pro-
tocols to discover the peripheral devices attached to a central
controller device. These peripherals may include beam-
tracking microphones, amplifiers, universal serial bus (USB)
and Bluetooth (BT) I/O interfaces, and telephony dial-pad
devices. Device firmware then modifies its own configura-
tion and the configuration of the discovered peripherals to
associate them with one another and to route the associated
audio signals through appropriate audio signal processing
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functions. The auto-tuning phase has three sub-phases,
microphone (mic) and speaker detection, tuning, and veri-
fication.

Not every amplifier output channel (not shown) managed
by a controller device may have an attached speaker. In the
microphone and speaker detection phase, a unique detection
signal is played sequentially out of each amplifier channel.
The input signals detected by all microphones are simulta-
neously monitored during each detection signal playback.
Using this technique, unconnected amplifier output channels
are identified, and the integrity of each microphone input
signal is verified. During the tuning phase, other unique test
signals are played sequentially out of each connected ampli-
fier output channel. These signals are again monitored
simultaneously by all microphones. Having prior knowledge
of the microphones’ frequency response(s), and using vari-
ous audio processing techniques, the firmware can calculate
the background noise level and noise spectrum of the room,
sensitivity (generated room SPL for a given signal level) of
each amplifier channel and connected speaker, a frequency
response of each speaker, a distance from each microphone
to each speaker, room reverberation time (RT60), etc. Using
these calculations, the firmware is able to calculate tuning
parameters to optimize per-speaker channel level settings to
achieve the given target SPL, per-speaker channel EQ
settings to both normalize the speaker’s frequency response
and achieve the target room frequency response. Acoustic
echo cancellation (AEC), noise reduction (NR) and non-
linear processing (NLP) settings which are most appropriate
and effectual for the room environment.

The verification phase occurs after the application of the
tuning parameters. During this phase the test signals are
again played sequentially out each connected amplifier
output channel and monitored simultaneously by all micro-
phones. The measurements are used to verify the system
achieves the target SPL and the system achieves the target
room frequency response. During the verification phase a
specially designed speech intelligibility test signal is played
out all speakers and monitored by all microphones simul-
taneously. Speech intelligibility is an industry standard mea-
sure of the degree to which sounds can be correctly identi-
fied and understood by listeners. Most of the measurements
taken and settings applied by auto-setup are provided in an
informative report for download from the device.

Example embodiments provide a system that includes a
controller or central computer system to manage a plurality
of microphones and speakers to provide audio optimization
tuning management in a particular environment (e.g., work-
place environment, conference room, conference hall, mul-
tiple rooms, multiple rooms on different floors, etc.). Auto-
mated tuning of the audio system includes tuning various
sound levels, performing equalization, identifying a target
sound pressure level (SPL), determining whether compres-
sion is necessary, measuring speech intelligibility, determin-
ing optimal gain approximations to apply to the speakers/
microphones, etc. The environment may include multiple
microphones and speaker zones with various speakers sepa-
rated by varying distances. Third party testing equipment is
not ideal and does not provide simplified scalability. Ideally,
identifying the network components active on the network
and using only those components to setup an optimized
audio platform for conferencing or other presentation pur-
poses would be optimal for time, expertise and expense
purposes.

An automated equalization process may be capable of
automatically equalizing the frequency response of any
loudspeaker in any room to any desired response shape
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which can be defined by a flat line and/or parametric curves.
The process may not operate in real-time during an active
program audio event, but rather during a system setup
procedure. The process considers and equalizes the log
magnitude frequency response (decibels vs. frequency) and
may not attempt to equalize phase. The process may identify
optimal filters having a frequency response that closely
matches the inverse of the measured response in order to
flatten the curve, or reshape the curve to some other desired
response value. The process may use single-biquad infinite
impulse response (IIR) filters which are bell-shaped to boost
or cut a parametric filter, low-pass, and/or high-pass filter.
FIR filters could also be used, but IIR filters have optimized
computational efficiency and low-frequency resolution, and
are better suited for spatial averaging, or equalizing over a
broad listening area in a room.

When performing the equalization process, a desired
target frequency response is identified. Typically, this would
be a flat response with a low frequency roll-off and high
frequency roll-off to avoid designing a filter set which would
be attempting to achieve an unachievable result from a
frequency-limited loudspeaker(s). The target mid-band
response does not have to be flat, and the process permits
any arbitrary target frequency response in the form of an
array of biquad filters. The process also permits a user to set
a maximum dB boost or certain cut limits on the total DSP
filter set to be applied prior to any automated tuning process.

FIG. 1 illustrates a controlled speaker and microphone
environment according to example embodiments. Referring
to FIG. 1, the illustration demonstrates an audio-controlled
environment 112 which may have any number of speakers
114 and microphones 116 to detect audio, play audio, replay
audio, adjust audio output levels, etc., via an automated
tuning procedure. The configuration 100 may include vari-
ous different areas 130-160 separated by space, walls and/or
floors. The controller 128 may be in communication with all
the audio elements and may include a computer, a processor,
a software application setup to receive and produce audio,
etc. In this example, a chirp response measurement tech-
nique may be used to acquire a frequency response by
measurement of a loudspeaker.

With regard to a setup process, a launch option (auto
setup+auto tuning) on the front of a user interface of a user
device in communication with the controller 128 may pro-
vide a way to test the sound profile of the room(s), the
speaker(s) and microphone(s). Network discovery can be
used to find devices plugged-in and included in a list of
system devices and provide them with a baseline configu-
ration to initiate during operation. The audio system may be
realized in a graphical format during a device discovery
process, the operator can then drag and drop data for a more
customizable experience or reset to a factory default level.
If the system did not adequately tune to a certain level, then
an alert can be generated and any miswirings can be dis-
covered as well by a testing signal sent to all known devices.

The audio environments normally include various com-
ponents and devices such as microphones, amplifiers, loud-
speakers, DSP devices, etc. After installation, the devices
need to be configured to act as an integrated system. The
software application may be used to configure certain func-
tions performed by each device. The controller or central
computing device may store a configuration file which can
be updated during the installation process to include a newly
discovered audio profile.

One approach to performing the automated tuning process
may include permitting the auto-tune processes to operate on
a device that also contains custom DSP processing. To
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enable this combined feature, the code would discover the
appropriate signal injection and monitoring points within the
custom configuration. With the injection and monitoring
points identified, any selected DSP processing layout would
be automatically compatible. Some operations in the auto-
tune process will send test signals out of each speaker one
at a time, which increases total measurement time when
many speakers are present. Other operations may include
sending test signals out of all speakers in a simultaneous or
overlapping time period and performing testing processes on
the aggregated sound received and processed.

To reduce a total measurement time, different signals may
be played out of each speaker simultaneously. Some differ-
ent ways to offer mixed signals may include generating one
specific sine wave per speaker where a unique frequency is
used for each different speaker, playing a short musical
composition where each speaker plays a unique instrument
in the mix of a music composition, or just tones which are
different in frequency can be paired with each speaker,
respectively. With a large number of speakers, a song with
a large variety of percussion instruments could be used, with
one drum sound per speaker. Any other multichannel sound
mixture could be used to drive the process of dynamic and/or
customized sound testing. There are other sound event
detection algorithms that are capable of detecting the pres-
ence of a sound in a mixture of many other sounds that could
be useful with this testing analysis procedure. The auto-tune
could be a combination of voice prompts and test signals
played out of each speaker. The test signals are used to
gather information about the amplifiers, speakers, and
microphones in the system, as well as placement of those
devices in an acoustic space.

There are other signals that could be used to collect the
same room and equipment information gathered for testing.
The decision to use different signals could be based on
different goals, such as signals used which are pleasant
sounding, which may include voice and/or music prompts.
The upside is the elimination of scientific-sounding test
tones being played into the space. The potential downside is
additional time required to extract room and equipment
information from less-than-ideal source signals. To reduce
the total measurement time, the voice prompts could be
eliminated and basic test signals could be used which
produce the fastest results.

An auto equalization procedure (see FIG. 3) is capable of
automatically equalizing the frequency response of any
loudspeaker in any room to any desired response shape
which can be defined by a flat line and/or parametric curves.
The procedure may not be real-time during an active pro-
gram audio event, but rather during a system setup proce-
dure. The procedure equalizes the log magnitude frequency
response (decibels versus frequency) and may not equalize
phase. The procedure identifies a set of optimal filters having
a frequency response that closely matches the inverse of the
measured response to flatten or reshape the response to some
other desired response value. The procedure uses single-bi-
quad IIR filters which are a bell type (e.g., boost or cut
parametric filter), low-pass, or high-pass. FIR filters could
be used, but IIR filters have a more optimal computational
efficiency, low-frequency resolution, and are better suited
for spatial averaging and/or equalizing over a broad listening
area in a room.

When performing the equalization process, first a desired
target frequency response is identified. Typically, this would
be a flat response with a low frequency roll-off and high
frequency roll-off to avoid the process from designing a filter
set which would be attempting to achieve an unachievable
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result from a frequency-limited loudspeaker. The target
mid-band response does not have to be flat, and the proce-
dure permits any arbitrary target frequency response in the
form of an array of bi-quad filters. The procedure also
permits the user to set a maximum dB boost or to cut limits
on the total DSP filter set to be applied.

One example procedure associated with an auto-setup
procedure (see FIG. 2), may provide sequencing through
each speaker output channel and perform the following
operations for each output: ramping-up a multitone signal
until the desired SPL level is detected, determining if
speaker output channel is working normally, determining if
all microphone (mic) input channels are working normally,
setting preliminary output gain for unknown amp and
speaker for test signals, measuring ambient noise from all
mics to set base for an RT60 measurement, which is a
measure of how long sound takes to decay by 60 dB in a
space that has a diffuse sound-field, and checking for exces-
sive noise, providing a chirp test signal, recording chirp
responses from all ‘N’ mics simultaneously into an array,
deconvolving all chirps from ‘N’ mics giving ‘N’ impulse
responses, and for each mic input: locating a main impulse
peak and computing a distance from speaker to mic, com-
puting a smoothed log magnitude frequency response and
applying mic compensation value (using known mic sensi-
tivity), computing a SPL average over all frequencies,
averaging frequency response of all mics to obtain a spatial
average, performing auto-equalization on the spatial aver-
aged response to match a target response, the SPL level and
distance from nearest and furthest mics is used to compute
room attenuation, using the SPL level from a nearest mic and
room attenuation to compute output gain to achieve desired
level at an average distance from all mics, calculating a SPL,
limiter threshold, with auto EQ and auto gain engaged,
producing a chirp to measure and verify the response,
measuring octave-band RT60 for each mic, and measuring
an average SPL from each mic, then averaging all mics to
obtain achieved SPL level.

Another example embodiment may include an auto-setup
procedure that includes determining which input mics are
working and which output speaker channels are working,
performing an auto equalization of each output speaker
channel to any desired target frequency response (defined by
parametric EQ parameters), auto-setting each output path
gain to achieve a target SPL level in the center of the room
determined by average distance from speaker to micro-
phones, auto-setting of output limiters for maximum SPL
level in the center of the room, auto-setting of auto-echo
cancellation (AEC), non-linear processing (NLP) and noise
reduction (NR) values based on room measurements, mea-
suring a frequency response of each output speaker channel
in the room, measuring a final nominal SPL level expected
in the center of the room from each output channel, mea-
suring an octave-band and full-band reverberation time of
the room, measuring of noise spectrum and octave-band
noise for each microphone, measuring of the noise criteria
(NC) rating of the room, and measuring of the minimum,
maximum, and average distance of all mics from the speak-
ers, and the speech intelligibility of the room. All the
measurement data may be used to establish the optimal
speaker and microphone configuration values.

In one example audio system setup procedure, a launch
operation (i.e., auto setup+auto tuning) on a user interface
may provide a way to initiate the testing of the sound profile
of the room, speakers and microphones. Network discovery
can be used to find devices plugged-in and to be included in
a list of system devices and provide them with baseline
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configurations to initiate during an audio use scenario. The
audio system may be realized in a graphical format during
a device discovery process, the operator can interface with
a display and drag and drop data for a more customizable
experience or reset to a factory default level before or after
an automated system configuration. If the system did not
adequately tune to a certain level, then an alert can be
generated and any miswirings can be discovered as well by
a testing signal sent to all known devices.

The audio environments normally include various com-
ponents and devices, such as microphones, amplifiers, loud-
speakers, digital signal processing (DSP) devices, etc. After
installation, the devices need to be configured to act as an
integrated system. The software of the application may be
used to configure certain functions performed by each
device. The controller or central computing device may store
a configuration file which can be updated during the instal-
lation process to include a newly discovered audio profile
based on the current hardware installed, an audio environ-
ment profile(s) and/or a desired configuration. In one
example embodiment, an automated tuning procedure may
tune the audio system including all accessible hardware
managed by a central network controller. The audio input/
output levels, equalization and sound pressure level (SPL)/
compression values may all be selected for optimal perfor-
mance in a particular environment.

During automated setup, a determination of which input
mics are working, and which output speaker channels are
working is performed. The auto-equalization of each output
speaker channel is performed to a desired target frequency
response (defined by parametric EQ parameters, high pass
filters, low pass filters, etc.). A default option may be a “flat”
response. Additional operations may include an automated
setting of each output path gain to achieve a user’s target
SPL level in the center on the room assuming an average
distance of mics, and an auto setting of output limiters for a
user’s maximum SPL level in the center of the room.
Another feature may include automatically determining
auto-echo cancellation (AEC), non-linear processing (NLP)
and NRD values based on room measurements. The follow-
ing informative measurements which may also be performed
include a measurement of frequency response of each output
speaker channel in the room, a measurement of a final
nominal SPL level expected in the center of the room from
each output channel, a measurement of octave-band rever-
beration time (RT-60) of the room, and a measurement of a
noise floor in the room. Additional features may include a
measurement of the minimum, maximum, and average dis-
tance of all mics from the speakers. Those values may
provide the information necessary to perform additional
automatic settings, such as setting a beamtracking micro-
phone’s high-pass filter cutoff frequency based upon the
reverberation time in the lower bands of the room, and fine
tuning AEC’s adaptive filter profile to best match the
expected echo characteristics of the room. The information
obtained can be saved in memory and used by an application
to provide examples of the acoustic features and sound
quality characteristics of a conference room. Certain recom-
mendations may be used based on the room audio charac-
teristics to increase spacing between mics and loudspeakers,
or, to acoustically adjust a room via the speakers and
microphones due to excessive RT-60 (reverberance “score”
for predicted speech intelligibility)

The audio setup process may include a set of operations,
such as pausing any type of conferencing audio layout
capability and providing the input (microphone) and output
(loudspeaker) control to the auto setup application. Sequen-
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tially, each output loudspeaker which participates in the
auto-setup will produce a series of “chirps” and/or tones
designed to capture the acoustic characteristics of the room.
The number of sounds produced in the room is directly
related to the number of inputs and outputs which participate
in the auto-setup process. For example, in a system with
three microphones and two loudspeakers, auto-setup would
perform the following actions: ( - - - First Loud-
speaker - - - ), loudspeaker 1 produces a series of sounds
which are captured by mic 1, loudspeaker 1 produces a
series of sounds which are captured by mic 2, and loud-
speaker 1 produces a series of sounds which are captured by
mic 3; ( - - - Next Loudspeaker - - - ), loudspeaker 2
produces a series of sounds which are captured by mic 1,
loudspeaker 2 produces a series of sounds which are cap-
tured by mic 2, loudspeaker 2 produces a series of sounds
which are captured by mic 3, and after this process com-
pletes, the regular conferencing layout audio processing is
restored. The gain and equalization for each loudspeaker is
adjusted based on auto setup processing, AEC performance
is tuned for the room based on auto setup processing,
microphone LPF is tuned for the room based on the auto
setup processing, and the acoustic characteristics of the
room have been logged. Optionally, the user is presented
with some summarizing data describing the results of the
auto setup process. It is possible that the auto setup may
“fail” while processing, if a defective microphone or loud-
speaker is discovered, or if unexpected loud sounds (e.g.,
street noise) is captured while the processes is underway.
Auto setup will then halt, and the end user will be alerted if
this is the case. Also, a friendly auto setup voice may be used
to discuss with the user what auto setup is doing as it works
through the process.

FIG. 2 illustrates an automated equalization process,
which includes an iterative process for multiple speakers in
the environment. Referring to FIG. 2, during a boot-up
procedure, a user interface may be used to control the
initiation and “auto-tune” option. A memory allocation
operation may be performed to detect certain speakers,
microphones, etc. The identified network elements may be
stored in memory. A tune procedure may also be performed
which causes the operations of FIG. 2 to initiate. Each
speaker may receive an output signal 202 that is input 204
to produce a sound or signal. An ambient noise level may be
identified 206 as well from the speakers and detected by the
microphones. Multiple tones may be sent to the various
speakers 208 which are measured and the values stored in
memory. Also, a chirp response 210 may be used to deter-
mine the levels of the speakers and the corresponding
room/environment. The impulse responses 212 may be
identified and corresponding frequency response values may
be calculated 214 based on the inputs. Also, the speech
intelligibility rating may be calculated (speech transmission
index (STI)) along with the ‘RT60’ value which is a measure
of how long sound takes to decay by 60 dB in a space that
has a diffuse sound-field, meaning a room large enough that
reflections from the source reach the mic from all directions
at the same level. An average of the input values 216 may
be determined to estimate an overall sound value of the
corresponding network elements. The averaging may
include summing the values of the input values and dividing
by the number of input values.

Continuing with the same example, an auto-equalization
may be performed 218 based on the spatial average of the
input responses. The auto-equalization levels may be output
222 until the procedure is completed 224. When the outputs
are completed 224, the output values are set 226 which may
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include the parameters used when outputting audio signals
to the various speakers. The process continues iteratively
during a verification procedure 230, which may include
similar operations, such as 202, 204, 210, 212, 214, 216, for
each speaker. Also, in the iterative verification process, a
measure of speech intelligibility may be performed until all
the output values are identified. If the outputs are not
complete in operation 224, the auto-equalization level 225 is
used to continue on with the next output value (i.e., itera-
tively) of the next speaker and continuing until all speaker
outputs are measured and stored.

The auto-setup operations rely on measurements of loud-
speakers, microphones, and room parameters using chirp
signals and possible chirp deconvolution to obtain the
impulse response. Chirp signal deconvolution may be used
acquire quality impulse responses (IRs), which are free of
noise, system distortion, and surface reflections, using prac-
tical FFT sizes. One item which will affect the effectiveness
of the auto-setup procedure is how much is known about
system components such as microphones, power amps, and
loudspeakers. Whenever component frequency responses
are known, corrective equalization should be applied by the
digital signal processor (DSP) prior to generating and
recording any chirp signals in order to increase the accuracy
of the chirp measurements.

An auto-equalization procedure may be used to equalize
the frequency response values of any loudspeaker in any
room to a desired response shape (e.g., flat line and/or
parametric curves). Such a procedure may utilize single-
biquad IIR filters of a bell shape type. The process may
begin with a desired target frequency response with a low
frequency roll-off and a high frequency roll-off to avoid
encountering limitations on filters established for a particu-
lar loudspeaker and room. A target response (H,,,.,) may be
flat with a low frequency roll-off. Using the chirp stimulus/
response measurement, the measured frequency response of
a loudspeaker in a room may be obtained. The response
needs to be normalized to have an average of 0 dB, high and
low frequency limits may be used to equalize and set limits
for the data utilized. The procedure will compute the average
level between the limits and subtract this average level value
from the measure response to provide a response normalized
at ‘0’ (H,,.,,)- The frequency-limited target filter is then
determined by subtracting the measured response from the
target response: H,,,.7"H,,,z0~H,e.s and this value is the
target response used for the next auto EQ biquad filter.

To find parametric filters to fit the curve for the H,,,, +,,, all
the important curve features (0 dB crossing points and peak
points) are found by a function called FindFreqFeatures( ).

The filter choice at two frequency limits is handled
slightly different. If the target filter calls for a boost at the
frequency limit, then a PEQ boost filter will be used with its
center frequency at the limit frequency. If the target filter
calls for an attenuation at the frequency limit, which typi-
cally happens when the target response has a roll-off, then a
HPF/LPF is selected and a -3 dB corner frequency is
computed to match to point where the curve is =3 dB. This
was found to produce a better match when traversing outside
of the auto EQ range, particularly when roll-off responses
are desired which will most often be the case. Once all the
frequency features of the target filter have been identified, a
function called FindBiggestArea( ) is used to find the most
salient biquad filter for the target which is characterized
simply by the largest area under the target filter curve as
shown below.

Based on the characteristics, a function called DeriveFilt-
ParamsFromFreqFeatures( ) computes the 3 parameters
(fctr, dB, Q) based on the curve center frequency, dB
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boost/cut, and the bandwidth (Q). Bandwidth for a 2-pole
bandbass filter is defined as fctr/(f,,,,,~1;,...,) where f, .
and ., are where the linear amplitude is 0.707*peak. Here
there are bell filters which are 1+bandpass, but empirically
it was found that using 0.707*peak (dB), where the baseline
is 0 dB, also provided optimal results for estimating the Q
of the bell shape. The edge frequencies are not used to
calculate the PEQ bandwidths, but rather are used to delin-
eate two adjacent PEQ peaks. If the area represents an
attenuation at a frequency limit, then the function will
compute a LPF/HPF filter corner frequency where the
response is =3 dB. From these filter parameters, the auto EQ
biquad filter coefficients are computed and the biquad is
added to the auto EQ DSP filter set. This updated DSP filter
response (H,4;,) is then added to the measured response
(H,,..) {all quantities in dB} to show what the auto-
equalized response would look like (H,,,,.,)- The auto-
equalized response (H,,,.,) is then subtracted from the
target response (H,,,.) to produce a new target filter
(H,urgpz)- This new target filter represents the error, or
difference between the desired target response and the
corrected response.

FIG. 3 illustrates a process for determining an automated
equalization filter set to apply to a loudspeaker environment
according to example embodiments. Referring to FIG. 3, the
process may include defining a target response as a list of
biquad filters and HPF/LPF frequencies 302, measuring a
chirp response from a microphone 304, normalizing the
value to 0 dB between the frequency limits 306, subtracting
a measured response from a target response to provide a
target filter 308, finding a target filter zero crossings and
derivative zeros 310, combining the two sets of zero fre-
quencies in a sequential order to identify frequency feature
values 312, identifying a largest area under the target filter
curve 314, deriving parameters to fit a bell shaped area for
frequencies at 0.707 multiplied by a peak value 316, deter-
mining whether the filter parameters are audible 318, if so,
the process continues with calculating the biquad coeffi-
cients based on the identified filter parameters 320. The
process continues with limiting the filter dB based on
amplitude limits 322, adding this new limited filter to a DSP
filter set 324, adding the unlimited EQ filters to a measured
response to provide an unlimited corrected response 326,
and subtracting this corrected response from the target
response to provide a new target filter 328. If all available
biquads are used 330 then the process ends 322, or if not, the
process continues back to operation 310.

In order to determine which loudspeaker (speaker) out-
puts are live, a five-octave multitone (five sinewave signals
spaced one octave apart) signal level is applied to the
speakers and ramped-up at a rapid rate for quick detection of
any connected live speaker. The multitone signal level is
ramped-up one speaker at a time while the signal level from
all microphones is monitored. As soon as one microphone
(mic) receives the signal at the desired audio system sound
pressure level (SPL) target level (i.e., SPL threshold level),
then the multitone test signal is terminated and the speaker
output channel is designated as being live. If the multitone
test signal reaches a maximum ‘safe limit” and no mics have
received the target SPL level, then the speaker output is
designated as dead/disconnected. The received five-octave
signal is passed through a set of five narrow bandpass filters.
The purpose of the five octave test tones and five bandpass
filters is to prevent false speaker detection from either
broadband ambient noise, or a single tone produced from
some other source in the room. In other words, the audio
system is producing and receiving a specific signal signature
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to discriminate this signal from other extraneous sound
sources in the room. The same five-octave multitone used to
detect live speaker outputs is simultaneously used to detect
live microphone inputs. As soon as the highest mic signal
reaches the audio system target SPL level, then the multitone
test signal is terminated. At that instant, all mic signal levels
are recorded. If a mic signal is above some minimum
threshold level, then the mic input is designated as being a
live mic input, otherwise it is designated as being dead/
disconnected.

In order to set loudspeaker output gain levels, a desired
acoustic listening level in dBs for the SPL will be deter-
mined and stored in firmware. The DSP loudspeaker output
channels will have their gains set to achieve this target SPL.
level. If the power amplifier gains are known, and the
loudspeaker sensitivities are known, then these output DSP
gains can be set accurately for a particular SPL level, based
on, for example, one meter from each loudspeaker (other
distances are contemplated and may be used as alternatives).
The level at certain estimated listener locations will then be
some level less than this estimated level. In free space, sound
level drops by 6 dB per doubling of distance from the source.
For typical conference rooms, the level versus doubling of
distance from a source may be identified as -3 dB. If it is
assumed each listener will be in the range of 2 meters to 8
meters from the nearest loudspeaker, and the gains are set for
the middle distance of 4 meters, then the resulting acoustic
levels will be within +/-3 dB of the desired level. If the
sensitivity of the loudspeaker(s) are not known, then the
chirp response signal obtained from the nearest microphone
will be used. The reason for the nearest microphone is to
minimize reflections and error due to estimated level loss
versus distance. From the level and time-of-flight (TOF) of
this response, the loudspeaker sensitivity can be estimated,
although the attenuation due to loudspeaker off-axis pickup
is not known. If the power amp gain is not known, then a
typical value of 29 dB will be used which may introduce an
SPL level error of +/-3 dB.

Analyzing electro-acoustic sound systems to identify
gains that should be used to achieve optimal acoustic levels.
Voltage, power and acoustic levels and gains can be derived
from any sound system. Those values can be used to provide
a SPL level at some specific location using a DSP processor.
In general, an audio system will have a microphone, loud-
speaker, a codec, a DSP processor and an amplifier.

FIG. 4 illustrates an example configuration for identifying
various audio signal levels and characteristics according to
example embodiments. Referring to FIG. 4, the example
includes a particular room or environment, such as a con-
ference room with a person 436 estimated to be approxi-
mately one meter from a loudspeaker 434. The attenuation
values are expressed as gain values. For example, Gp=L -~
Lpxr Which is the gain from the loudspeaker at one meter
to the person, which may be approximately, for example, -6
dB. L is the acoustic sound pressure level without regard to
any specific averaging, Lo,z is the sound pressure value 1
meter from the speaker. G, is the gain from the micro-
phone 432 to the person and G, is the gain from the
microphone to the loudspeaker. A power amplifier 424 may
be used to power the microphone and the DSP processor 422
may be used to receive and process data from the micro-
phone to identify the optimal gain and power levels to apply
to the speaker 434. Identitying those optimal values would
ideally include determining the G5 and the Gp. This will
assist with achieving a sound level at the listener position as
well as a set DSP output gain and input preamp gain values.
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In this example of FIG. 4, if a few basic parameters are
known about the microphone, the amplifier and the loud-
speaker, the L, ..z« (dBu) is the sensitivity of an
analog mic in dBu as an absolute quantity relative to 1.
Pascal (PA), which in this example is -26.4 dBu, the G,
is the gain of the power amp, which in this example is 29 dB
and the L, ... which is the sensitivity of the loudspeaker,
which is in this example is 90 dBa. Continuing with this
example, the L, is the level of the signal generator (dBu),
G 45 1s the gain of the DSP processor input including mic
preamp gain, in this example 54 dB, G, ., is the gain of
the DSP processor output gain, in this example -24 dB. A
stimulus signal is played and the response signal is mea-
sured, which may be, for example 14.4 dBu, and L, ,,=94.
In this example, the sound level at the microphone may be
identified by L,,,.=Lg,=Lsons mic1 2011 ps=Cagpin—14-4—(=
26.4)+94=80.8 dBa. For 1 meter from the loudspeaker, the
sound level is Loptr ™ LogentG asp+ G np+ Lserns spir
Ly s spirwores—0+(=24 dB)+29 dB¥90 dBa-113 dBu-83.7
dBu. G, can now be calculated=L,,,.~L,,;,=-2.9 dBa. The
estimated values would be based on -2.5 dB per doubling of
distance in a typical conference room.

In the event that the gains and other parameters of the mic,
power amp and loudspeaker are not known, the measures of
L, and L, are typically -38 dBu for the mic, with a +/-12
dB, 29 dB+/-3 dB for a power amp and 90 dBa+/-5 dB for
a loudspeaker. The above-noted formulas are necessary to
compute DSP gains for desired sound levels and to achieve
a dynamic range. The desired listener level L, can then be
identified by the various gain measurements.

FIG. 5 illustrates a process for identifying a sound pres-
sure level (SPL) in the controlled speaker and microphone
environment according to example embodiments. Referring
to FIG. 5, the example includes a listener 436 in a simulated
model being a distance D, from a speaker 534 in a particular
room. The acoustic level attenuation per doubling of dis-
tance in free space is 6 dB. However, in rooms this attenu-
ation level will be some value less than 6 dB due to
reflections and reverberation. A typical value for acoustic
level attenuation in conference rooms is about 3 dB of
attenuation per doubling of distance, where generally small
and/or reflective rooms will be some quantity less than this,
and large and/or absorptive rooms will be greater than this
value.

Producing a desired SPL at a specific location using
multiple mics at some desired listener level L, at some
distance D, from a loudspeaker 534, a known level L, at
1-meter from the loudspeaker 534, and knowing the attenu-
ation per doubling of distance, and the loudspeaker’s sen-
sitivity. All of those parameters can be determined from one
chirp at two simultaneous measurement locations shown as
D1 and D2. The attenuation per doubling of distance can be
calculated from any two measurements (at two different
locations) in a room assuming the room uniformly attenuates
levels. This assumption is more valid as the room size
increases, and/or becomes more diffuse. This assumption is
also more valid as an average attenuation over all frequen-
cies. The equation for attenuation per doubling of distance
can be derived and as: a,,~(L,-L,)/log 2(D,/D,), where
L=SPL level, D=distance, and a, is a negative quantity in
this example where attenuation values are considered nega-
tive gains. The positions L., and L, from the loudspeaker can
be any order (i.e., it is not necessary that D2>D1). Next the
loudspeaker sensitivity must be measured, which is the SPL.
level ‘1’ meter from the speaker when driven by a given
reference voltage. If a measurement is made at some dis-
tance other than 1 m from the speaker, then that level would
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be calculated 1 m from the speaker by using o, and the
“doublings of distance” relative to 1 m. The doublings of
distance from 1 m can be calculated using the expression
OneMeterDoublings=log 2(D, ). Now the level which would
occur at 1 m can be calculated using L,,=L,-
OneMeterDoublings*add. If the electrical test signal used
was the speaker’s sensitivity electrical reference level, typi-
cally 2.83V (1 W at 8 ohms), then L, =L, . ... However,
if the speaker drive voltage was somethlng (flfferent then
can 51mp1y be calculated using the equation

sens,spkr
dsp,FSout Gdsp out Gamp attmout
sens,sphryolts” Usens,spier 15 the sensitivity of the loudspeaker,

dsp FSout is the sensitivity of the DSP processor output,
G 4sp,0us 15 the gain of the DSP output, G, , is the gain of the
power amp and G, ., is the gain of any attenuator and

sens,spirvolzs 18 the sensitivity of the loudspeaker in volts.

Now that o, is identified for the room and the speaker’s
sensitivity, the speaker drive level (or DSP output gain)
necessary to produce a desired level L, at the listener
distance D, can be determined by calculating the one meter

sens. spkr

doublings to the listener location using:
OneMeterDoublings=log 2(D,). Next the listener level can
be calculated 1 m from the loudspeaker: L,,=

L,-OneMeterDoublings*a. ,,. Finally, the loudspeaker drive
level, or DSP output gain, can be identified by:
Gdsp,out:L1m_Lsens,spkr_Ldsp,FSout_Gamp_Gatmout
+Lsens,spkr,volts'

In the example of FIG. 5, a room has a loudspeaker on one
end and in order to calculate the DSP output gain required
to produce a desired SPL level, for example, 72.0 dBSPL at
alocation 11.92 meters from the loudspeaker. This SPL level
is broadband and unweighted, so an unweighted full-range
chirp test signal is used. The room happens to have two
microphones, but their distances from the loudspeaker are
not yet known, and the loudspeaker is not known. The

known system parameters are: L, ps,,,~+20.98 dBu,
G 45p,00==20.27 dB (DSP output gain for the chirp measure-
ment), G,,,=29.64 dB, G191 dB, and

sensspirvolss—+11.25 dBu (2.83 V). The procedure is out-
lined in seven operations, 1) generate a chirp and measure
the response at two or more locations. Generating a single
chirp and recording the responses from the two mics. The
chirp measurement reveals the following data: L,=82.0
dBgp; at 1.89 m from the loudspeaker, [.,=73.8 dBg,, at
7.23 m from the loudspeaker, 2) calculate the room attenu-
ation per doubling of distance, add=-(82.0 dB-73.8 dB)/log
2(7.23 m/1.89 m)=-4.24 dB/doubling, 3) calculate the chirp
level 1 meter from the speaker by first finding the closest
mic’s doubling of distance relative to 1 m,
OneMeterDoublings=log 2(1.89 m)=0.918 doublings, now
calculate the chirp level at 1 m using L.,,,=82.0 dBg,, -
(0.918 doublings)*(-4.24 dB/doubling)=85.9 dBg;, 4) cal-
culate the loudspeaker’s sensitivity, L, ,%=85.9 dBgz, ~
20.98 dBu-(-20.27 dB)-29.64 dB-(-19.1 dB)+11.25
dBu=85.9 dBg;;, 5) calculate the doublings from 1 meter to
the listener distance DP, OneMeterDoublings=log 2(11.92
m)=3.575 doublings, 6) calculate the level required at 1
meter from the loudspeaker using L,,=72 dBgp,-(3.575
doublings)*(-4.236 dB/doubling)=87.15 dB,,. Finally,
calculate the DSP output gain required to produce this level,
G isp,ou=87.15 dBgp;—85.9 dBgp; —20.98 dBu-29.64 dB—(-
19.1 dB)+11.25 dBu=-19.01 dB. In this example, the chirp
was measured as 72.0 dBg,, at 11.92 meters from the
loudspeaker using a DSP output gain of -20.27 dB, so the
calculated output gain in this example was off from the
actual gain by (20.27-19.01)=1.26 dB.

The procedure calculated a prescribed DSP output gain of
-19.0 dB to achieve an SPL level of 72.0 dBg,, at 11.9
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meters from the loudspeaker, based on a single chirp mea-
sured at 1.89 m and 7.23 m from an unknown loudspeaker,
and this calculated gain was in error by 1.26 dB based on the
actual measured level at 11.9 m which was positioned
outside of the two mic’s range. If limited DSP resources only
permits measuring the level at one mic at a time in a
sequential fashion, then the level difference (I.1-1.2) must
be computed differently. If for each mic, a test signal is
increased until a desired SPL level is reached, and then the
SPL level and output gain required is recorded, then the dB
level difference is:  dB;;~L1-Gp5,,,)~(L2-Gpou0)-
When mic 1 is closer to the speaker than mic 2, then this
dB,,;will be a positive value. Normally L1 and L2 will be
the same, but the closer mic will require a lower output gain
to achieve the same SPL level for both mics, so Gdg,,,,, will
be lower, thus giving a positive value for dB ;.

In another example, establishing input mic gain levels
may include, if the microphones have known input sensi-
tivities, then DSP input gains including analog preamp gains
can be set for an optimal dynamic range. For example, if the
maximum sound pressure level expected in the room at the
microphone locations is 100 dB SPL, then the gain can be
set so that 100 dB SPL and this will provide a full-scale
value. If the input gains are set too high, then clipping may
occur in the preamp or A/D converter. If the input gains are
set too low, then weak signals and excessive noise (distorted
by automatic gain control (AGC)) will result.

If the microphones do not have known input sensitivities,
then chirp response signal levels from loudspeakers closest
to each mic input and time-of-flight (TOF) information can
be used to estimate the mic sensitivities. The estimate will
have errors from unknown off-axis attenuation from the
loudspeakers and/or unknown off-axis attenuation of the
mics if they do not have an omnidirectional pickup pattern,
and other affects due to unknown frequency responses of the
mics.

When determining loudspeaker equalization. Ideally each
loudspeaker would be equalized to compensate for its fre-
quency response irregularities as well as enhancement of
low frequencies by nearby surfaces. If the microphones’
frequency responses are known, then each loudspeaker
response can be measured via chirp deconvolution after
subtracting the microphones’ known responses. Further-
more, if the loudspeaker has a known frequency response,
then the response of just the room can be determined. The
reason for this is because surface reflections in the room can
cause comb filtering in the measured response which is not
desirable. Comb filtering is a time-domain phenomena and
cannot be corrected with frequency-domain filtering. The
detection of surface reflections in the impulse response must
be considered, so that if major reflections further-out in time
can be detected, then they could be windowed-out of the
impulse response and therefore removed from the frequency
response used to derive the DSP filters.

If the microphones’ frequency responses are not known,
then frequency response measurements cannot discriminate
between irregularities due to the loudspeaker from irregu-
larities due to the mic. If a frequency response of an
unknown mic and loudspeaker were made and all the
correction was applied to the loudspeaker output path, then
deficiencies in the microphone would be over-corrected for
the loudspeaker and provide a poor sound for listeners in the
far side of a room during an audio presentation from far side
speakers. Similarly, if all the correction was applied to the
mic input path, then deficiencies in the loudspeaker would
be over-corrected for the mic and would yield a poor sound
for listeners at the far-end for near side speakers. “Splitting
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the difference” and applying half of the correction to mic
inputs and half to loudspeaker outputs is not a feasible
strategy and is unlikely to result in good sound.

Equalization will be applied using standard infinite
impulse response (IIR) parametric filters. Finite impulse
response (FIR) filters would not be well suited for this
application because they have a linear, rather than log or
octave frequency resolution, which can require a very high
number of taps for low-frequency filters, and are not well
suited when the exact listen location(s) are not known. IIR
filters are determined by “inverse filtering”, such that the
inverse of the measured magnitude response is used as a
target to “best-fit” a cascade of parametric filters. Practical
limits are placed on how much (dB) and how far/wide/
narrow (Hz) the auto equalization filters will correct the
responses. Frequency response correction by inverse filter-
ing from an impulse response is known to be accurate for a
source and listener location. In order to make each loud-
speaker sound good at all listening locations, since mic
locations are the only know value, then frequency response
ensemble averaging will be performed, such that the
response from all microphones picked-up by a loudspeaker
will be averaged together after some octave smoothing is
applied. This procedure will be transparent to the installer
because the response from all microphones can be recorded
concurrently using a single loudspeaker chirp.

One example may include a microphone equalization
procedure, when the microphone frequency response is not
known, then equalization of an unknown loudspeaker is not
practical and should not be attempted, and therefore the
frequency response of the unknown microphone cannot be
determined. If, however, the loudspeakers frequency
responses are known, then microphone equalization of
unknown mics is possible. The process of mic equalization
via chirp deconvolution would make use of the loudspeak-
ers’ known responses stored in firmware which would be
subtracted to arrive at the microphones’ responses. The
process should be repeated for each loudspeaker so that
ensemble averaging can be applied to the measured fre-
quency responses. Each mic’s equalizer settings would be
determined by inverse filtering methods as described in
loudspeaker equalization.

Once loudspeaker and microphone levels have been set
and frequency response irregularities have been equalized,
then the speaker values and levels can be set based on an
RT60 measurements of the room. The reverberation time
(RT60) can be obtained by computing a Schroeder reverse
integration of the impulse, and the RT60 is a measure of how
long sound takes to decay by 60 dB in a space that has a
diffuse soundfield, meaning a room large enough that reflec-
tions from the source reach the mic from all directions at the
same level response energy. Once the RT60 value(s) is
known, then NLP levels can be set where generally more
aggressive NLP settings are used when reverb tails are
longer than the AEC’s effective tail length.

Another example may include setting output limiters. If
the power amp gains are known and the loudspeaker power
ratings are known, then DSP output limiters can be set to
protect the loudspeakers. Additionally, if the loudspeaker
sensitivities are known, then limiters could further reduce
the maximum signal level to protect listeners from excessive
sound level. Maintaining gain value information and similar
records of power gains/sensitivities is not a feasible option
for most administrators. Furthermore, even if the gain values
were known, but the speakers were mis-wired/misconfig-
ured, such as in the case of incorrect bridging wiring, then
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the gain would be incorrect and lead to incorrect power
limiting settings. Consequently, SPL limiting is a more
desirable operation.

According to additional example embodiments, measur-
ing a speech intelligibility rating (SIR) of a conference room
may include measuring a speech transmission index (STI) in
a room for one speech source to one listener location.
Alternatively, multiple speech sources, for example, ceiling
speakers, and multiple listening locations around a room
may also be examined to identify an optimal STI and
corresponding SIR. Furthermore, the speech source in a
conference situation may be located remotely, where the
remote microphones, remote room, and transmission chan-
nel may all affect the speech intelligibility experience of the
listener. In a conference room with multiple loudspeakers,
which will normally be used concurrently, the STI should be
measured with all “speech conferencing” speakers playing
concurrently. Speech conferencing speakers indicates all
speakers which would normally be on during a conference,
and all speakers which are dedicated to music playback
would be turned off. The reason is that the listener will
normally be listening to speech coming out of all the speech
conferencing speakers concurrently and therefore the speech
intelligibility will be affected by all the speakers and hence
the rating should be measured with all the speech confer-
encing speakers active. Compared to a single loudspeaker,
the STI measured with all speech conferencing loudspeakers
on may be better or worse, depending on the background
noise level, the echo and reverberation in the room, the
spacing between speakers, etc.

The auto-tune process may use the microphones from the
conferencing system and no additional measurement mics,
and thus the STI measurement value obtained may be a
proxy to the true STI value of a measurement mic placed at
a listener’s exact ear location. Since the conference room has
several listener locations, and may have several conferenc-
ing mics, the most optimal STI rating would be obtained by
performing measurements at all ‘N’ mics concurrently, com-
puting ‘N” STT values, and then averaging these values to
give a single room a single STI value. This would be an
average STI value measured at all conferencing mic loca-
tions which is a proxy to the average STI value at all listener
locations. The auto tune procedure is designed to sequence
through each output speaker zone one at a time and measure
all mics simultaneously. The real-time STI analyzer task is
DSP-intensive and can only measure a single mic input at a
time. Therefore, this places practical limits on measuring
STI values at ‘N’ mics and averaging. For the most accurate
STI values, all speech conferencing speakers should be
played simultaneously. Consequently, certain strategies may
be necessary for possibly measuring STI at multiple mics in
the auto-tune process.

One strategy may include only measuring the STT during
the first speaker iteration although all speakers play the STI
signal, and measure using the first mic. Another approach is
to measure using the mic determined to be in a middle
location as determined by the speaker-to-mic distances
measured in the calculation of the IR. Yet another approach
is for each speaker zone iteration, measure STI on the next
mic input so that multiple STI measurements can be aver-
aged. This approach has drawbacks, such as if there is only
one speaker zone, then only the first mic gets measured. If
there are fewer speaker zones than mics, then this could miss
the middle-located mic, and this approach takes the longest
time to operate.

It should also be noted that an STI value is normally
understood to represent the speech transmission quality in
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that room. For remote conferencing systems, the speech
transmission quality experienced by a listener has three
components: the STI for the loudspeakers and room he/she
is sitting in, the STI of the electronic transmission channel,
and the STI of the far-end microphones and room. There-
fore, the STI value computed by the auto-tune procedure is
a proxy for just one of three components which make up the
listeners” speech intelligibility experience. However, such
information may still be useful as a score can be obtained for
the near-end component, of which the user or installer may
have control. For example, the user/installer can use the
auto-tune STI score to evaluate the relative improvement to
the STI from using two different acoustical treatment
designs.

An auto equalization algorithm is capable of automati-
cally equalizing the frequency response of any loudspeaker
in any room to any desired response shape which can be
defined by a flat line and/or parametric curves. The algo-
rithm is not designed to work in real-time during an active
program audio event, but rather during a system setup
procedure. The algorithm only considers and equalizes the
log magnitude frequency response (decibels versus fre-
quency) and does not attempt to equalize phase. The algo-
rithm basically designs a set of optimal filters whose fre-
quency response closely matches the inverse of the
measured response in order to flatten it, or reshape it to some
other desired response. The algorithm only uses single-
biquad IIR filters which are of type bell (boost or cut
parametric filter), low-pass, or high-pass. FIR filters could
be used, but IIR filters were chosen because of their com-
putational efficiency, better low-frequency resolution, and
are better suited for spatial averaging, or equalizing over a
broad listening area in a room.

When performing the equalization process, first a desired
target frequency response is identified. Typically, this would
be a flat response with a low frequency roll-off and high
frequency roll-off to avoid the process from designing a filter
set which would be attempting to achieve an unachievable
result from a frequency-limited loudspeaker. The target
mid-band response does not have to be flat, and the process
permits any arbitrary target frequency response in the form
of an array of biquad filters. The process also permits the
user to set maximum dB boost or cut limits on the total DSP
filter set to be applied.

FIG. 6A illustrates a process for performing an automated
tuning procedure for an audio system. Referring to FIG. 6A,
the process may include identifying a plurality of separate
speakers on a network controlled by a controller 612,
providing a first test signal to a first speaker and a second test
signal to a second speaker 614, detecting the first test signal
and the second test signal at one or more microphones
controlled by the controller, and automatically establishing
speaker tuning output parameters based on an analysis of the
different test signals 616. The tuning parameters may be
applied to a digital DSP set of parameters which are applied
to the various speakers and microphones in the audio
environment.

The first test signal may be a different frequency than the
second test signal. The first test signal may be provided at a
first time and the second test signal may be provided at a
second time later than the first time. The process may also
include automatically establishing speaker tuning output
parameters based on an analysis of the different test signals
by measuring an ambient noise level via the one or more
microphones, and determining an impulse response based on
the first test signal and the second test signal, and determin-
ing a speaker output level to use for the first and second
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speakers based on the impulse response and the ambient
noise level. The process may also include determining a
frequency response based on an output of the first and
second speakers, averaging values associated with the first
test signal the second test signal to obtain one or more of an
average sound pressure level (SPL) for the one or more
microphones, an average distance from all the one or more
microphones and an average frequency response as mea-
sured from the one or more microphones. The process may
also include initiating a verification procedure as an iterative
procedure that continues for each of the first speaker and the
second speaker. The process may also include performing an
automated equalization procedure to identify a frequency
response of the first and second speakers to a desired
response shape, and identifying one or more optimal filters
having a frequency response that closely matches the inverse
of the measured frequency response.

FIG. 6B illustrates a process for performing an automated
tuning procedure for an audio system. Referring to FIG. 6B,
the process may include identifying, in a particular room
environment, a plurality of speakers and one or more micro-
phones on a network controlled by a controller 652, provid-
ing test signals to play sequentially from each amplifier
channel and the plurality of speakers 654, monitoring the
test signals from the one or more microphones simultane-
ously to detect operational speakers and amplifier channels
656, providing additional test signals to the plurality of
speakers to determine tuning parameters 658, detecting the
additional test signals at the one or more microphones
controlled by the controller 662, and automatically estab-
lishing a background noise level and noise spectrum of the
room environment based on the detected additional test
signals 664.

The process may also include monitoring the test signals
from the one or more microphones simultaneously identifies
whether any amplifier output channels are unconnected to
the plurality of speakers. The additional test signals may
include a first test signal being provided at a first time and
a second test signal being provided at a second time later
than the first time. The process may also include automati-
cally establishing a frequency response of each of the
plurality of speakers, and a sensitivity level of each amplifier
channel and corresponding speaker. The sensitivity level is
based on a target sound pressure level (SPL) of the particular
room environment. The process may also include identify-
ing a distance from each of the one or more microphones to
each of the plurality of speakers, a room reverberation time
of the particular room environment, a per-speaker channel
level setting to achieve the target SPL, a per-speaker channel
equalization setting to normalize each speaker’s frequency
response and to achieve a target room frequency response,
an acoustic echo cancellation parameter that is optimal for
the particular room environment, a noise reduction param-
eter that is optimal to reduce background noise detected by
the microphones for the particular room environment, and a
non-linear processing parameter that is optimal to reduce
background noise when no voice is detected for the particu-
lar room environment. The process may also include initi-
ating a verification procedure as an iterative procedure that
continues for each of the plurality of speakers, and the
verification procedure comprises again detecting the addi-
tional test signals at the one or more microphones controlled
by the controller to verify the target SPL and the target room
frequency response.

FIG. 7 illustrates an example process for performing an
automated audio system setup configuration. Referring to
FIG. 7, the process may include identifying a plurality of
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speakers and microphones connected to a network con-
trolled by a controller 712, assigning a preliminary output
gain to the plurality of speakers used to apply test signals
714, measuring ambient noise detected from the micro-
phones 716, recording chirp responses from all microphones
simultaneously 718, deconvolving all chirp responses to
determine a corresponding number of impulse responses
722, and measuring average sound pressure levels (SPLs) of
each of the microphones to obtain a SPL level based on an
average of the SPLs 724.

The measuring ambient noise detected from the micro-
phones may include checking for excessive noise. For each
microphone input signal, the process may include identify-
ing a main impulse peak, and identifying a distance from one
or more of the plurality of speakers to each microphone. The
process may include determining frequency responses of
each microphone input signal, and applying a compensation
value to each microphone based on the frequency response.
The process may also include averaging the frequency
responses to obtain a spatial average response, and perform-
ing an automated equalization of the spatial average
response to match a target response value. The process may
further include determining an attenuation value associated
with the room based on the SPL level and a distance from
nearest and furthest microphones, and determining an output
gain that provides a target sound level at an average distance
of all microphones based on the SPL level and attenuation
value.

FIG. 8 illustrates an example process for performing an
auto-equalization procedure to an audio system. Referring to
FIG. 8, the process may include determining a frequency
response to a measured chirp signal detected from one or
more speakers 812, determining an average value of the
frequency response based on a high limit value and a low
limit value 814, subtracting a measured response from a
target response, wherein the target response is based on one
or more filter frequencies 816, determining a frequency
limited target filter with audible parameters based on the
subtraction 818, and applying an infinite impulse response
(IIR) biquad filter based on an area defined by the frequency
limited target filter to equalize the frequency response of the
one or more speakers 822.

The average value is set to zero decibels, and the target
response is based on one or more frequencies associated
with one or more biquad filters. The determining the target
filter based on the target response may include determining
target zero crossings and target filter derivative zeros. The
process may also include limiting decibels of the target filter
based on detected amplitude peaks to create a limited filter,
and adding the limited filter to a filter set. The process may
also include adding unlimited equalization filters to a mea-
sured response to provide an unlimited corrected response.
The process may further include subtracting the unlimited
corrected response from the target response to provide a new
target filter.

FIG. 9 illustrates an example process for determining one
or more gain values to apply to an audio system. Referring
to FIG. 9, the process may include applying a set of initial
power and gain parameters for a speaker 912, playing a
stimulus signal via the speaker 914, measuring a frequency
response signal of the played stimulus 916, determining a
sound level at a microphone location and a sound level at a
predefined distance from the one or more of speakers 918,
determining a gain at the microphone location based on a
difference of the sound level at the microphone location and
the sound level at the predefined distance from the speaker
922, and applying the gain to the speaker output 924.
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The predefined distance may be a set distance associated
with where a user would likely be with respect to a location
of the speaker, such as one meter. The process may also
include detecting the stimulus signal at the microphone a
first distance away from the speaker and at a second micro-
phone a second distance, further than the first distance, from
the speaker, and the detecting is performed at both micro-
phones simultaneously. The process may further include
determining a first sound pressure level at the first distance
and a second sound pressure level at the second distance.
The process may also include determining an attenuation of
the speaker based on a difference of the first sound pressure
level and the second sound pressure level. The process may
further include determining a sensitivity of the speaker
based on a sound pressure level measured at a predefined
distance from the speaker when the speaker is driven by a
reference voltage.

FIG. 10 illustrates a process for identifying a speech
intelligibility rating or speech transmission index. Referring
to FIG. 10, the process may include initiating an automated
tuning procedure 1012, detecting via the one or more
microphones a sound measurement associated with an out-
put of a plurality of speakers at two or more locations 1014,
determining a number of speech transmission index (STI)
values equal to a number of microphones 1016, and aver-
aging the speech transmission index values to identify a
single speech transmission index value 1018.

The process may also include measuring the number of
STIs values while a plurality of speakers are concurrently
providing output signals. The measuring the number of STTs
values while a plurality of speakers are concurrently pro-
viding output signals may include using one microphone.
The measuring the number of STIs values while a plurality
of speakers are concurrently providing output signals may
include using one microphone among a plurality of micro-
phones and the one microphone is identified as being closest
to a middle location among locations of the plurality of
speakers. The averaging the speech transmission index val-
ues to identify a single speech transmission index value may
include measuring the STI values at ‘N’ microphones, and
‘N’ is greater than one, and averaging the ‘N’ values to
identify a single STI value for a particular environment.

The automated tuning may automatically measure the
speech intelligibility of the conferencing audio system and
the corresponding room, using only the components nor-
mally needed by the conferencing system, and no other
instrumentation. The automated tuning may be used with
3rd-party power amplifiers and loudspeakers. Since the gain
and sensitivity of these components are unknown, the auto
tune process rapidly determines these parameters using a
unique broad-band multitone ramp-up signal until it has
reached a known SPL level at the microphones, along with
speaker-to-microphone distances measured automatically
via acoustic latency and calculated using the speed of sound.
Using this technique, auto tune can determine the gain and
sensitivity of the corresponding components, and the SPL
level from the loudspeaker. Ramping up a broadband mul-
titone signal rapidly, and for the automatic determination of
the system parameters provides optimization. The auto tune
auto-equalization algorithm rapidly equalizes multiple
speaker zones, based on the various filters. Also, additional
enhancements are added to that algorithm.

The process may include analyzing an electro-acoustic
sound system in terms of levels and gains to determine gains
required to achieve desired acoustic levels, as well as to
optimize the gain structure for maximum dynamic range.
Sound pressure level is historically expressed in “dB SPL”.
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Sound levels are often expressed with units of “dB” where
it is implied that it is actually an absolute level relative to O
dB=20 u Pascal. Modern international standards express
sound pressure level as Lp/(20 uPa) or shortened to Lp.
However Lp is also commonly used to denote a variable in
sound level rather than the unit of sound level. To avoid any
confusion, in this analysis the sound pressure level will
always be expressed as “dBa” meaning absolute acoustic
level and is the same thing as the outdated “dB SPL”. “dBa”
should not be confused with “dBA” which often is the units
expressed for A-weighted sound levels. In this analysis, ‘I
is always a level variable which is an absolute quantity, and
‘G’ is always a gain variable which is a relative quantity.
Since the equations contain variables having different units
(electrical versus acoustical), while still being in decibels,
the units are shown explicitly in { } for clarity.

The analysis is broken into two distinctly different signal
paths, the input path from an acoustic source (talker 218) to
the DSP internal processing, and the path from the DSP
internal processing to the acoustic level output from the
loudspeaker. These two paths then each have two variations.
The input signal path has an analog versus digital mic
variation, and the output path has an analog versus digital
power amp variation (digital in terms of its input signal, not
its power amplification technology). For the sake of consis-
tency and simplicity, all signal attenuations are expressed as
a gain which would have a negative value. For example,
GP-S=LP-LSpkr is the gain from the loudspeaker
(@ 1 meter) to the person, and this value might be something
like -6 dB. These gains are shown as direct arrows in the
illustration, but in reality the sound path consists of surface
reflections and diffuse sound from around the room. Clearly
the impulse response of the room would reveal details of the
room behavior, but in this analysis we are only concerned
with non-temporal steady-state sound levels, for example
resulting from pink noise. For simplicity in this analysis
these multiple sound paths are all lumped into a single path
with gain ‘G’. By measuring GP-S and GM-P, a known
sound level at the listener position can be identified, as well
as a set DSP output gain and input preamp gains. Since there
is no measurement microphones at the listener position,
GP-S and GM-P are estimates. However, we can accurately
measure GM-S and make some estimates of GP-S and
GM-P based on typical conference room acoustics “rules-
of-thumb”. For the sake of consistency and simplicity, all
signal attenuations are expressed as a gain which would
have a negative value. For example, GP-S=L.P-L.Spkr is the
gain from the loudspeaker (@ 1 meter) to the person, and
this value might be something like -6 dB. These gains are
shown as direct arrows in the illustration, but in reality the
sound path consists of surface reflections and diffuse sound
from around the room. Clearly the impulse response of the
room would reveal details of the room behavior, but in this
analysis the non-temporal steady-state sound levels are
identified, for example resulting from pink noise. For sim-
plicity in this analysis the multiple sound paths are all
lumped into a single path with gain G. GP-S and GM-P are
measured so a known sound level at the listener position can
be identified, as well as set DSP output gain and input
preamp gains optimally.

The automated tuning may automatically measure the
speech intelligibility of the conferencing audio system and
the corresponding room, using only the components nor-
mally needed by the conferencing system, and no other
instrumentation. The automated tuning may be used with
3rd-party power amplifiers and loudspeakers. Since the gain
and sensitivity of these components are unknown, the auto
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tune process rapidly determines these parameters using a
unique broad-band multitone ramp-up signal until it has
reached a known SPL level at the microphones, along with
speaker-to-microphone distances measured automatically
via acoustic latency and calculated using the speed of sound.
Using this technique, auto tune can determine the gain and
sensitivity of the corresponding components, and the SPL
level from the loudspeaker. Ramping up a broadband mul-
titone signal rapidly, and for the automatic determination of
the system parameters provides optimization. The auto tune
auto-equalization algorithm rapidly equalizes multiple
speaker zones, based on the various filters. Also, additional
enhancements are added to that algorithm.

One example embodiment may include measuring speech
intelligibility to reasonably obtain a speech intelligibility
rating for a conference room. The speech transmission index
(STI) should be identified with respect to multiple speech
sources (for example ceiling speakers), and multiple listen-
ing locations around the room. Furthermore, the speech
source in a conference situation may be located remotely,
where the remote microphones, remote room, and transmis-
sion channel may all affect the speech intelligibility expe-
rience of the listener. In a conference room with multiple
loudspeakers which will normally be used concurrently, the
STI logically should be measured with all “speech confer-
encing” speakers playing concurrently. Speech conferencing
speakers means all speakers which would normally be on
during a conference, and all speakers which are dedicated to
music playback would be turned off. The reason is that the
listener will normally be listening to speech coming out of
all the speech conferencing speakers concurrently and there-
fore the speech intelligibility will be affected by all the
speakers and hence the rating should be measured with all
the speech conferencing speakers turned on. Compared to a
single loudspeaker, the STI measured with all speech con-
ferencing loudspeakers on may be better or worse, depend-
ing on the background noise level, the echo and reverbera-
tion in the room, the spacing between speakers etc.

Since auto tune must use the microphones from the
conferencing system and not additional measurement mics,
then it should be noted that the STI measurement value from
Auto Tune is a proxy to the true STI value of a measurement
mic placed at a listener’s ear location. Since the conference
room has several listener locations, and may have several
conferencing mics, the best STI rating would be obtained by
measuring at all N mics concurrently, compute N STI values,
and then average these values to give a single room STI
value. This would be an average STI value measured at all
conferencing microphone locations which would in turn be
a proxy to the average STI value at all listener locations. The
auto tune algorithm(s) are designed to sequence through
each output speaker zone one at a time and measures all
microphones simultaneously. Furthermore, the real-time STI
analyzer task is very DSP-intensive and can only measure a
single microphone input at a time. Therefore, this places
practical limits on measuring STI values at ‘“N” microphones
and averaging the values. For the most accurate STI values,
all speech conferencing speakers should be played simulta-
neously.

A few strategies for possibly measuring STI at multiple
microphones in an auto tune procedure may include, as a
first approach, only measuring STI during the first speaker
iteration but all speakers will play the STIPA, and then the
measurement is performed using the first microphone but
measurements using the microphone are determined to be in
a middle location as determined by the speaker-to-micro-
phone distances measured in the CalcIR state. Another
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approach may include, for each speaker zone iteration,
measuring an STI on the next microphone input so that
multiple STI measurements can be averaged. However,
certain concerns may be if there is only one speaker zone,
then only the first microphone will be measured. If there are
fewer speaker zones than microphones, then the middle-
located microphone could be missed and this approach takes
the longest to run.

It should also be noted that an STI value is normally
understood to represent the speech transmission quality in
that room. For remote conferencing systems, the speech
transmission quality experienced by a listener actually has
three components the STI for the loudspeakers and room a
person is sitting in, the STI of the electronic transmission
channel and the STI of the far-end microphones and room.
Therefore, the STI value computed by auto-tune is a proxy
for just one of three components which make up the listeners
speech intelligibility experience. However, this may still
provide a score for the near-end component, which the user
or installer may have control of during the event. For
example, the user/installer can use the auto tune STI score
to evaluate the relative improvement to STI from using two
different acoustical treatment designs.

The automated tuning may automatically measure the
speech intelligibility of the conferencing audio system and
the corresponding room, using only the components nor-
mally needed by the conferencing system, and no other
instrumentation. The automated tuning may be used with
3rd-party power amplifiers and loudspeakers. Since the gain
and sensitivity of these components are unknown, the auto
tune process rapidly determines these parameters using a
unique broad-band multitone ramp-up signal until it has
reached a known SPL level at the microphones, along with
speaker-to-microphone distances measured automatically
via acoustic latency and calculated using the speed of sound.
Using this technique, auto tune can determine the gain and
sensitivity of the corresponding components, and the SPL
level from the loudspeaker. Ramping up a broadband mul-
titone signal rapidly, and for the automatic determination of
the system parameters provides optimization. The auto tune
auto-equalization algorithm rapidly equalizes multiple
speaker zones, based on the various filters. Also, additional
enhancements are added to that algorithm.

The operations of a method or algorithm described in
connection with the embodiments disclosed herein may be
embodied directly in hardware, in a computer program
executed by a processor, or in a combination of the two. A
computer program may be embodied on a computer readable
medium, such as a storage medium. For example, a com-
puter program may reside in random access memory
(“RAM”), flash memory, read-only memory (“ROM”), eras-
able programmable read-only memory (“EPROM”), electri-
cally erasable programmable read-only memory (“EE-
PROM”), registers, hard disk, a removable disk, a compact
disk read-only memory (“CD-ROM?”), or any other form of
storage medium known in the art.

FIG. 11 is not intended to suggest any limitation as to the
scope of use or functionality of embodiments of the appli-
cation described herein. Regardless, the computing node
1100 is capable of being implemented and/or performing
any of the functionality set forth hereinabove.

In computing node 1100 there is a computer system/server
1102, which is operational with numerous other general
purpose or special purpose computing system environments
or configurations. Examples of well-known computing sys-
tems, environments, and/or configurations that may be suit-
able for use with computer system/server 1102 include, but
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are not limited to, personal computer systems, server com-
puter systems, thin clients, rich clients, hand-held or laptop
devices, multiprocessor systems, microprocessor-based sys-
tems, set top boxes, programmable consumer electronics,
network PCs, minicomputer systems, mainframe computer
systems, and distributed cloud computing environments that
include any of the above systems or devices, and the like.

Computer system/server 1102 may be described in the
general context of computer system-executable instructions,
such as program modules, being executed by a computer
system. Generally, program modules may include routines,
programs, objects, components, logic, data structures, and so
on that perform particular tasks or implement particular
abstract data types. Computer system/server 1102 may be
practiced in distributed cloud computing environments
where tasks are performed by remote processing devices that
are linked through a communications network. In a distrib-
uted cloud computing environment, program modules may
be located in both local and remote computer system storage
media including memory storage devices.

As displayed in FIG. 11, computer system/server 1102 in
cloud computing node 1100 is displayed in the form of a
general-purpose computing device. The components of
computer systen/server 1102 may include, but are not
limited to, one or more processors or processing units 1104,
a system memory 1106, and a bus that couples various
system components including system memory 1106 to pro-
cessor 1104.

The bus represents one or more of any of several types of
bus structures, including a memory bus or memory control-
ler, a peripheral bus, an accelerated graphics port, and a
processor or local bus using any of a variety of bus archi-
tectures. By way of example, and not limitation, such
architectures include Industry Standard Architecture (ISA)
bus, Micro Channel Architecture (MCA) bus, Enhanced ISA
(EISA) bus, Video Electronics Standards Association
(VESA) local bus, and Peripheral Component Interconnects
(PCI) bus.

Computer system/server 1102 typically includes a variety
of computer system readable media. Such media may be any
available media that is accessible by computer system/server
1102, and it includes both volatile and non-volatile media,
removable and non-removable media. System memory
1106, in one embodiment, implements the flow diagrams of
the other figures. The system memory 1106 can include
computer system readable media in the form of volatile
memory, such as random-access memory (RAM) 1110 and/
or cache memory 1112. Computer system/server 1102 may
further include other removable/non-removable, volatile/
non-volatile computer system storage media. By way of
example only, storage system 1114 can be provided for
reading from and writing to a non-removable, non-volatile
magnetic media (not displayed and typically called a “hard
drive”). Although not displayed, a magnetic disk drive for
reading from and writing to a removable, non-volatile mag-
netic disk (e.g., a “floppy disk™), and an optical disk drive for
reading from or writing to a removable, non-volatile optical
disk such as a CD-ROM, DVD-ROM or other optical media
can be provided. In such instances, each can be connected to
the bus by one or more data media interfaces. As will be
further depicted and described below, memory 1106 may
include at least one program product having a set (e.g., at
least one) of program modules that are configured to carry
out the functions of various embodiments of the application.

Program/utility 1116, having a set (at least one) of pro-
gram modules 1118, may be stored in memory 1106 by way
of example, and not limitation, as well as an operating
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system, one or more application programs, other program
modules, and program data. Each of the operating system,
one or more application programs, other program modules,
and program data or some combination thereof, may include
an implementation of a networking environment. Program
modules 1118 generally carry out the functions and/or
methodologies of various embodiments of the application as
described herein.

As will be appreciated by one skilled in the art, aspects of
the present application may be embodied as a system,
method, or computer program product. Accordingly, aspects
of the present application may take the form of an entirely
hardware embodiment, an entirely software embodiment
(including firmware, resident software, micro-code, etc.) or
an embodiment combining software and hardware aspects
that may all generally be referred to herein as a “circuit,”
“module” or “system.” Furthermore, aspects of the present
application may take the form of a computer program
product embodied in one or more computer readable medi-
um(s) having computer readable program code embodied
thereon.

Computer system/server 1102 may also communicate
with one or more external devices 1120 such as a keyboard,
a pointing device, a display 1122, etc.; one or more devices
that enable a user to interact with computer system/server
1102; and/or any devices (e.g., network card, modem, etc.)
that enable computer system/server 1102 to communicate
with one or more other computing devices. Such commu-
nication can occur via I/O interfaces 1124. Still yet, com-
puter system/server 1102 can communicate with one or more
networks such as a local area network (LAN), a general wide
area network (WAN), and/or a public network (e.g., the
Internet) via network adapter 1126. As depicted, network
adapter 1126 communicates with the other components of
computer system/server 1102 via a bus. It should be under-
stood that although not displayed, other hardware and/or
software components could be used in conjunction with
computer system/server 1102. Examples include, but are not
limited to: microcode, device drivers, redundant processing
units, external disk drive arrays, RAID systems, tape drives,
and data archival storage systems, etc.

One skilled in the art will appreciate that a “system” could
be embodied as a personal computer, a server, a console, a
personal digital assistant (PDA), a cell phone, a tablet
computing device, a smartphone or any other suitable com-
puting device, or combination of devices. Presenting the
above-described functions as being performed by a “system”
is not intended to limit the scope of the present application
in any way but is intended to provide one example of many
embodiments. Indeed, methods, systems and apparatuses
disclosed herein may be implemented in localized and
distributed forms consistent with computing technology.

It should be noted that some of the system features
described in this specification have been presented as mod-
ules, in order to more particularly emphasize their imple-
mentation independence. For example, a module may be
implemented as a hardware circuit comprising custom very
large-scale integration (VLSI) circuits or gate arrays, off-
the-shelf semiconductors such as logic chips, transistors, or
other discrete components. A module may also be imple-
mented in programmable hardware devices such as field
programmable gate arrays, programmable array logic, pro-
grammable logic devices, graphics processing units, or the
like.

A module may also be at least partially implemented in
software for execution by various types of processors. An
identified unit of executable code may, for instance, com-
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prise one or more physical or logical blocks of computer
instructions that may, for instance, be organized as an object,
procedure, or function. Nevertheless, the executables of an
identified module need not be physically located together
but may comprise disparate instructions stored in different
locations which, when joined logically together, comprise
the module and achieve the stated purpose for the module.
Further, modules may be stored on a computer-readable
medium, which may be, for instance, a hard disk drive, flash
device, random access memory (RAM), tape, or any other
such medium used to store data.

Indeed, a module of executable code could be a single
instruction, or many instructions, and may even be distrib-
uted over several different code segments, among different
programs, and across several memory devices. Similarly,
operational data may be identified and illustrated herein
within modules and may be embodied in any suitable form
and organized within any suitable type of data structure. The
operational data may be collected as a single data set or may
be distributed over different locations including over differ-
ent storage devices, and may exist, at least partially, merely
as electronic signals on a system or network.

It will be readily understood that the components of the
application, as generally described and illustrated in the
figures herein, may be arranged and designed in a wide
variety of different configurations. Thus, the detailed
description of the embodiments is not intended to limit the
scope of the application as claimed but is merely represen-
tative of selected embodiments of the application.

One having ordinary skill in the art will readily under-
stand that the above may be practiced with steps in a
different order, and/or with hardware elements in configu-
rations that are different than those which are disclosed.
Therefore, although the application has been described
based upon these preferred embodiments, it would be appar-
ent to those of skill in the art that certain modifications,
variations, and alternative constructions would be apparent.

While preferred embodiments of the present application
have been described, it is to be understood that the embodi-
ments described are illustrative only and the scope of the
application is to be defined solely by the appended claims
when considered with a full range of equivalents and modi-
fications (e.g., protocols, hardware devices, software plat-
forms etc.) thereto.

What is claimed is:

1. A method, comprising:

identifying, by a control device, a plurality of micro-
phones belonging to an audio system, wherein the
plurality of microphones are arranged at different posi-
tions in a location;

receiving, by the control device, measurements of outputs
from a plurality of speakers arranged at different posi-
tions in the location from one microphone of the
plurality of microphones that is closest to a speaker of
the plurality of speakers located at a middle position of
the different positions;

calculating, by the control device, a speech transmission
index (STI) value for each speaker of the plurality of
speakers based on the plurality of measurements equal
to the plurality of microphones; and

calculating, by the control device, an average STI value
based on the plurality of STI values.

2. The method of claim 1, comprising:

measuring the number of STI values while the plurality of
speakers are concurrently providing output signals.
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3. The method of claim 1, comprising:
sequencing outputs from the plurality of speakers one at
a time; and

simultaneously measuring the STI value of each of the

speakers at the plurality of microphones.

4. The method of claim 1, comprising:

measuring, using one microphone of the plurality of

microphones, the STI value while the plurality of
speakers output an STI signal.

5. An apparatus, comprising:

a processor configured to:

identify a plurality of microphones belonging to an
audio system, wherein the plurality of microphones
are arranged at different positions in a location;

receive measurements of outputs from a plurality of
speakers arranged at different positions in the loca-
tion from one microphone of the plurality of micro-
phones that is closest to a speaker of the plurality of
speakers located at a middle position of the different
positions;

calculate a speech transmission index (STI) value for each

speaker of the plurality of speakers based on the
plurality of measurements equal to the plurality of
microphones; and

calculate an average STI value based on the plurality of

STI values.

6. The apparatus of claim 5, wherein the processor is
further configured to:

measure the number of STI values while the plurality of

speakers are concurrently providing output signals.

7. The apparatus of claim 5, wherein the processor is
further configured to:

sequence outputs from the plurality of speakers one at a

time; and

simultaneously measure the STI value of each of the

speakers at the plurality of microphones.

8. The apparatus of claim 5, wherein the processor is
further configured to:

measure, using one microphone of the plurality micro-

phones, the STI value while the plurality of speakers
output an STI signal.

9. A non-transitory computer-readable storage medium
comprising one or more instructions that, when executed by
a processor, cause a processor to perform:

identifying a plurality of microphones belonging to an

audio system, wherein the plurality of microphones are
arranged at different positions in a location;

receiving measurements of outputs from a plurality of

speakers arranged at different positions in the location
from one microphone of the plurality of microphones
that is closest to a speaker of the plurality of speakers
located at a middle position of the different positions;
calculating a speech transmission index (STI) value for
each speaker of the plurality of speakers based on the
plurality of measurements equal to the plurality of

microphones; and

calculating an average STI value based on the plurality of
STI values.

10. The non-transitory computer-readable storage

medium of claim 9, wherein the one or more instructions
cause the processor to perform:
measuring the number of STI values while the plurality of
speakers are concurrently providing output signals.
11. The non-transitory computer-readable storage
medium of claim 9, wherein the one or more instructions
cause the processor to perform:
sequencing outputs from the plurality of speakers one at
a time;
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simultaneously measuring the STI value of each of the
speakers at the plurality of microphones;

measuring, using one microphone of the plurality of
microphones, the STI value while the plurality of
speakers output an STI signal. 5
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